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REMARKS / ARGUMENTS 

This letter is responsive to the Office Action mailed on June 7, 2005. Accordingly, the 
response is considered as timely filed. 

Further, this communication is in response is to a FINAL Office Action. Accordingly, this 
response is accompanied with a Request for Continued Examination with the 
appropriate funds. 

CLAIM AMENDMENTS 

By this response, the Applicant has amended claims 1, 2, 4, 5, 7, 13, 14, 18, 19, 21, 22, 
25, 31-33, 35-43 and 51-55. New claim 57 has been added. No claims have been 
withdrawn or cancelled. There are now 57 claims pending for this application. A cheque 
for the extra claim fee of $50 USD is included herewith. 

The Applicant has amended claims 1, 13, 33, 35-37 and 41 to better recite the 
invention. In particular, these claims have been amended to specify that the feature of 
an "adjustable digital loudness normalization control signal" is user adjustable or at least 
adjustable by an external signal in a dynamic fashion. Accordingly, these claims have 
been amended by reciting a "user adjustable digital loudness normalization control 
signal 1 that dynamically configures the input/output characteristic. Support for this claim 
amendment is in lines 15-17 on page 13, lines 20-29 on page 13, and lines 10-12 on 
page 19 of the application as filed. 

Claims 19, 31, 32, 35-37 and 41 have also been amended to recite a user adjustable 
digital loudness normalization control signal. 

The Applicant has amended claims 2 and 14, and added new claim 57 to claim that the 
configurable input/output characteristic is adjusted for at least one frequency band 
corresponding to the one or more frequency domain input signals by one of: increasing 
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the level of said configurable input/output characteristic by a larger amount for lower 
level sounds compared to higher level sounds when a user adjusts the user adjustable 
digital loudness normalization control signal to increase the level of the analog acoustic 
output signal, and decreasing the level of said configurable input/output characteristic 
by a smaller amount for lower level sounds compared to higher level sounds when the 
user adjusts the user adjustable digital loudness normalization control signal to 
decrease the level of the analog acoustic output signal. Support for this claim 
amendment is in line 31, page 17 to line 3, page 19 and in Figures 8 and 9 of the 
application as filed. 

Claims 18, 19 and 32 have been amended to better recite the invention. Claims 18 and 
19 now specify that a feature of the configurable channel input/output characteristic can 
be varied in response to the user digital loudness normalization control signal. Claim 32 
now specifies that the magnitude of the calculated gain values can vary separately in 
response to separate adjustment of the user adjustable digital loudness normalization 
control signals. Support for these amendments is in lines 20-29 on page 13, lines 8-23 
on page 15 and lines 12-18 on page 17 of the application as filed. 

Claim 41 has been amended to recite that the signal controlling device of the loudness 
normalization adjustment stage allows the user to control the user digital loudness 
normalization control signal. Support for this claim amendment is in lines 3-10 on page 
14 of the application as filed. 

Further, the Applicant has amended claims 42-43 to depend on claim 41 rather than 
claim 40. Claim 41 introduces the feature of a signal controlling device to which claims 
42-44 refer. 

In addition, the Applicant has amended claims 5, 7, 22, 25, 38, 40, 51, 52 and 54 to 
recite that information in the look-up table is retrieved based on the user adjustable 
digital loudness normalization control signal. The Applicant has amended claims 4, 21, 
39, and 53 to recite that a parameter of the fitting formula is provided by the user 
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adjustable digital loudness normalization control signal. The Applicant has made these 
amendments for better characterizing the claimed invention. Support for these claim 
amendments is in the passages from line 10, page 16 to line 7, page 17 of the 
application as filed. 

The Applicant has also amended claim 55 to correct an inadvertent error and properly 
refer to a "non-volatile memory" in the third line of this claim. 

CLAIM REJECTIONS - 35 USC S 112 

In paragraph 1 of the Office Action, the Examiner rejected claims 42 and 43 under 35 
U.S.C. 112, second paragraph, as being indefinite. In particular, the Examiner noted 
that claims 42 and 43 both recite the limitation "said signal controlling device" but there 
is insufficient antecedent basis for this limitation in the claim. 

In response, the Applicant has amended claims 42 and 43 to depend from claim 41 
which introduces an antecedent for the structural feature of a signal controlling device. 

CLAIM REJECTIONS - 35 USC S 102 

In paragraph 2 of the Office Action, the Examiner rejected claims 1-2, 9, 13-14, 18-19, 
31-41 and 50-56 under 35 USC 102(b) as being anticipated by Kates (US 4,852,175). 

With respect to claims 1,13 and 33, the Examiner argued that Kates discloses a system 
for and a method of processing an acoustic signal comprising (a) converting an acoustic 
input signal into a digital signal (6), (b) transforming the digital signal into one or more 
frequency domain input signals (10A); (c) detecting the magnitude of each of the one or 
more frequency domain input signals (10A, 10B); (d) providing an adjustable digital 
loudness normalization control signal (10B, 10C f 10D) for controlling a configurable 
input/output characteristic; (e) for each of the one or more frequency domain input 
signals, determining a gain value (10C) in response to the loudness normalization 
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control signal and the magnitude of the frequency domain input signal (Fig. 2); (f) 
providing one or more frequency domain output signals into a digital acoustic output 
signal (10E, 12) and (h) converting the digital acoustic signal into an output signal (14). 

In response, the Applicant submits that claims 1,13 and 33 of the subject application 
specify that the invention includes a user control (i.e. the user adjustable digital 
loudness normalization control signal) that can be used to dynamically control the 
acoustic output signal by controlling the configuration of an input/output characteristic. 
Claims 1, 13 and 33 further specify that the user adjustable digital loudness 
normalization control signal and the magnitude of the frequency domain input signals is 
used to determine a gain value for the corresponding frequency domain input signals. 

Accordingly, claims 1,13 and 33 of the subject invention effectively recite that, for a 
given frequency band of an acoustic input signal, a user can dynamically configure the 
input/output characteristic of the given frequency band so that different gains can be 
applied to the frequency band for a given input sound level depending on the preference 
of the user. 

For example, Figures 8 and 9 of the subject application provide examples of two 
instances in which the user may adjust loudness control upwards or downwards 
according to the preference of the hearing aid user. For instance, the user may find that 
an initially set input/output characteristic (150, 160) may be insufficient in certain 
circumstances and can adjust the user adjustable digital loudness normalization control 
signal to provide a more sensitive input/output characteristic (152, 162). In other 
circumstances, the user may find that the initially set input/output characteristic (150, 
160) may be too sensitive and can adjust the user adjustable digital loudness 
normalization control signal to provide a less sensitive input/output characteristic (154, 
164). 

Accordingly, the loudness normalization control taught and claimed by the subject 
application permits the use of an initial fitting which measures threshold data for an 
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individual (i.e. the threshold of audibility and the upper limit of comfort) and then 
estimates loudness based on average or statistical data to provide an initial input/output 
configuration and then allows a user to dynamically adjust the loudness response (i.e. 
input/output configuration) to optimize the output of the device from the user's 
perspective due to different environments or due to changes over time (see lines 4-12 
on page 19 of the application as filed). 

In contrast, the Kates reference is directed towards reducing the upward spread of 
masking from a lower frequency band to a higher frequency band that results in a 
decrease in the intelligibility of speech in the higher frequency band (see the abstract 
and col. 1, lines 26-39 in Kates). To achieve this goal, Kates teaches an automatic gain 
computation algorithm that uses an analysis section 10A to separate an audio signal 
into several frequency bands (i.e. bands 0-7 in Figure 4 in Kates) and then uses a noise 
estimation section 10B to classify sound events into different amplitude bins (i.e. bins 0- 
7 in Figure 4 in Kates) for each frequency band. Further, the noise estimation section 
assumes that the bins containing 40% of the lowest amplitude of the sound events 
contain only noise. The total number of sound events in these bins is considered to be 
the absolute amount of noise in that frequency band. 

Kates then teaches the use of a gain computation section 10C to calculate a gain for 
each frequency band except for the highest frequency band (band 7 in Figure 4). For 
these bands, the absolute quantity of noise is compared to the absolute quantity of 
noise in the next highest band, starting with band 6. If the absolute quantity of noise in 
the band under consideration is (i) higher than the magnitude of the softest perceivable 
speech sounds in the next higher frequency band and (ii) exceeds the absolute quantity 
of noise in the next highest frequency band then the gain of the current frequency band 
is reduced so that the noise is no greater than 3dB higher than the greater of (a) the 
noise in the next highest frequency band or (b) the softest perceivable speech sounds in 
the next highest frequency band (see Figure 7 and the associated description at column 
6, line 60 to column 7, line 34 in Kates). 
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In a second embodiment, Kates teaches adjusting the gain of the output signal based 
on an "adaptive amplification system" (see column 7, line 55 to column 8, line 24 and 
Figure 8 in Kates) that amplifies sound events in a particular frequency band based on 
the amplitude of those events. Further, Kates teaches defining a linear relationship 
between the input and output sound pressure levels at the time the hearing aid is fitted 
for a user (see column 8, lines 8-24 and Fig. 9 in Kates). However, Kates in no way 
teaches the use of an external loudness normalization control signal that can be used to 
dynamically determine a gain signal for each frequency band, let alone to configure an 
input/output characteristic as claimed and taught in the subject application. 

Accordingly, it is clear that the structure and operation of Kates' device is adapted for 
reducing the upward spread of the masking effect and not for loudness normalization as 
taught and claimed in the subject application. Kates 1 device does not use an adjustable 
digital loudness control signal that controls a configurable input/output characteristic. 
Kates is in no way concerned with dynamic loudness control. In fact, the gain 
calculation performed by the gain computation section 10C of Kates is dependent only 
on the magnitude of the estimated sound level of noise in the various frequency bands, 
and in another embodiment an initial estimate of a user's hearing loss. Further, the 
characteristics of Kates' gain computation algorithm are fixed once initialized and cannot 
be dynamically adjusted because the algorithm does not use an externally provided 
input during use. Rather, the performance of the stages taught by Kates can only be 
adjusted statically by programming initial parameters into the device. Once the Kates 
device is programmed, the performance of the device cannot be adjusted dynamically. 

Accordingly, the Applicant respectfully submits that claims 1, 13 and 33 are novel and 
inventive over the cited reference and should be allowed. Furthermore, since claims 2- 
12, 14-32 and 34-57 depend on one of claims 1, 13 and 33, and introduce other 
patentable features, the Applicant submits that claims 2-12, 14-32 and 34-57 should 
also be allowed. 
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With respect to claims 2, 14 and 19, the Examiner argued that Kates discloses a system 
and method of processing an acoustic signal comprising the step of independently 
adjusting the digital loudness normalization control signal to configure the configurable 
input/output characteristic in accordance with the preferences of a hearing impaired 
individual (10B, 10C and 10D). 

In response, the Applicant reiterates that Kates does not teach using a user adjustable 
digital loudness control signal to vary the input/output characteristics. Rather, in one 
embodiment, Kates simply discloses adjusting the initial static characteristics of a 
hearing aid based upon the audiological characteristics of the hearing impaired user. 
However, this is a one-time adjustment that is done before the hearing aid is given to 
the hearing aid user for normal use. Kates does not foresee adding a user adjustable 
control that can dynamically compensate or adjust the loudness response of the hearing 
aid in a manner that is tailored to the individual's hearing loss. 

Further, claims 2 and 14 (and 57 for that manner) have been amended/added to recite 
how the user adjustable digital loudness normalization control signal can be used in one 
embodiment to dynamically configure the input/output characteristic. These claims now 
recite that the input/output characteristic is adjusted by one of: increasing the level of 
said configurable input/output characteristic by a larger amount for lower level sounds 
compared to higher level sounds when a user adjusts the user adjustable digital 
loudness normalization control signal to increase the level of the analog acoustic output 
signal, and decreasing the level of said configurable input/output characteristic by a 
smaller amount for lower level sounds compared to higher level sounds when the user 
adjusts the user adjustable digital loudness normalization control signal to decrease the 
level of the analog acoustic output signal. This is illustrated in Figures 8 and 9 and 
discussed in the passages from line 31, page 17 to line 3, page 19 of the application as 
filed. 
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It is clear that such an adjustment is not taught by Kates. Accordingly, the Applicant 
respectfully submits that claims 2, 14, 19 and 57, are novel and inventive over the cited 
reference and should be allowed. 

With respect to claims 9, 18 and 34-37, the Examiner argued that Kates discloses a 
system and method for processing an acoustic signal which includes transforming the 
acoustic signal into at least two frequency domain input signals each of which have a 
different configurable channel input/output characteristic that combine to form the 
configurable input/output characteristic. 

In response, the Applicant submits that the configurable channel input/output 
characteristics in these claims of the subject application are related to loudness 
normalization. Further, what is meant by different configurable channel input/output 
characteristics is that a different input/output characteristic can be chosen for each 
frequency band such as linear, piecewise linear, curvilinear, input compression, output 
compression, and the like as specified in lines 12-30 on page 17 of the application as 
filed. It should be noted that compression refers to a compression in sound level and not 
a compression in the amount of data. In addition, configurable implies that an external 
signal can be used to dynamically configure the characteristic. 

As explained above, Kates is not concerned with loudness normalization but rather with 
reducing the upward spread of masking in which gains for a given frequency band are 
calculated based on activity in a lower adjacent frequency band. Kates does not 
disclose using different input/output characteristics for each band and it is quite clear 
that the gain applied to one band is affected by a gain applied to another band so, in 
effect, the input/output characteristic of the bands in Kates' device are related to one 
another and Kates does not teach selecting different responses for the different bands. 
Further, Kates does not teach the use of an external signal that can be used to 
dynamically configure the input/output characteristic. 



Page 23 of 27 



Appl No. 09/985,976 ' * 24 

Amdt. Dated <August 25, 2005> 

Reply to Office Action of <June 7, 2005> 

Accordingly, the Applicant respectfully submits that claims 9, 18, and 34-37 are novel 
and inventive over the cited reference and should be allowed. 

With respect to claims 31-32, 38-41 and 50-56, the Examiner argued that Kates 
discloses a system and method for processing an acoustic signal which includes 
determining the corresponding gain value for each of the one or more frequency domain 
input signals by means of a look up table (Fig. 4). 

In response, the Applicant submits that the table referred to by the Examiner and 
described in Figure 4 of Kates is not a look-up table. Rather, it represents a histogram 
that is used in the noise estimation stage (element 24 in Fig. 3 in Kates) to calculate a 
noise level for a given frequency band and then by the signal averaging stage (element 
28 in Fig. 3 in Kates) to calculate a gain in accordance with the algorithm taught by 
Kates. Kates does not teach applying a user adjusted input to the histogram. 

Accordingly, the Applicant respectfully admits that claims 31-32, 38-41 and 50-56 are 
novel and inventive in light of the cited reference and should be allowed. 

CLAIM REJECTIONS - 35 USC IS 103 

In the Office Action, the Examiner rejected claims 3-8, 10-12, 15-17, 20-30, and 42-49 
under 35 USC 103(a) as being unpatentable over Kates (US 4,852,175). 

With regards to claims 4 and 21, the Examiner argued that Kates discloses a system 
and method for processing an acoustic signal in which step (e) includes calculating the 
corresponding gain value for each of the one or more frequency domain input signals by 
means of a fitting formula programmed into the programmable DSP. 

In response, the Applicant submits that Kates does not disclose a fitting formula. 
Further, Kates does not teach a user adjustable digital loudness normalization control 
signal. Kates does not even hint at these features. Accordingly, one cannot use Kates to 
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arrive at the claimed feature of using the user adjustable digital loudness normalization 
control signal to provide a parameter for the fitting formula as currently recited in claims 
4 and 21 of the subject application. Accordingly, the Applicant respectfully submits that 
claims 4 and 21 are novel and inventive over the cited reference and should be allowed. 

With regards to claims 5-6, 16, and 25-27, the Examiner argued that Kates discloses a 
system and method for processing an acoustic signal in which step (e) includes 
calculating the corresponding gain value for each of the one or more frequency domain 
input signals by means of a look-up table. 

In response, the Applicant submits that Kates does not disclose a look-up table that can 
be used to calculate a gain value for reasons already provided. Further, Kates does not 
teach a user adjustable digital loudness normalization control signal. Accordingly, one 
cannot use Kates to arrive at the claimed feature of using the user adjustable digital 
loudness normalization control signal to retrieve information in a look-up table for 
calculating gain as currently recited in claims 5 and 25. Accordingly, the Applicant 
respectfully submits that claims 5 and 25 are novel and inventive over the cited 
reference and should be allowed. 

With regards to claim 7-8 and 17, the Examiner argued that Kates discloses a system 
and method for processing an acoustic signal in which step (e) includes determining the 
corresponding gain value for each of the one or more frequency domain input signals by 
means of a fitting formula programmable into said programmable DSP and a look-up 
table (see Fig. 4) stored in non-volatile memory in said programmable DSP. 

In response, the Applicant submits that Kates does not disclose a fitting formula or a 
look-up table for reasons previously given. Further, Kates does not disclose a user 
adjustable digital loudness normalization control signal. Accordingly, the Applicant 
submits that one skilled in the art would not think to use the user adjustable digital 
loudness normalization control signal to retrieve information in a look-up table as well as 
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use a fitting formula to calculate gain as is currently claimed in claim 7. Accordingly, the 
Applicant submits that claim 7 is novel and inventive in light of the cited reference. 

With regards to claims 10-12, 20, 28-30 and 45-49, the Examiner argued that Kates 
discloses a system and method for processing an acoustic signal in which determining a 
gain value from the corresponding loudness control signal in step (e) is done in 
accordance with an input/output characteristic. The Examiner stated that Kates does not 
specially teach the gain value in accordance with a curvilinear input, output or 
compression input/output characteristic as claimed. However, the Examiner argued that 
providing a data compression in digital signal processing in electronic devices, such as 
a hearing aid, is very well known and it would have been obvious to one skilled in the art 
at the time the invention was made to provide a data compression during digital signal 
processing to a hearing aid as an alternate choice for providing optimization for the 
device, such as saving memory space. 

In response, the Applicant respectfully submits that the Examiner has misunderstood 
this portion of the invention. The Examiner is referring to data compression whereas the 
claims in question in the subject application refer to compression of the sound level of 
an audio output signal in which the amplitude of the output signal is compressed in a 
curvilinear, input compression or output compression manner dependent on the user's 
hearing loss. These claims do not refer to a reduction in data (i.e. the number of data 
bits prior to D/A conversion remain the same). Accordingly, the Applicant respectfully 
submits that claims 10-12, 20, 28-30 and 45-49 should be allowed. 
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Conclusion 

In view of the foregoing comments, it is respectfully submitted that the application is 
now in condition for allowance. If the Examiner has any further concerns regarding the 
language of the claims or the applicability of the prior art, the Examiner is respectfully 
requested to contact the undersigned at 416-957-1603. 

Respectfully submitted, 
LEONARD CORNELISSE 

Bv ^ ^ 

Tony R. Orsi, Registration No. 55,831 
Bereskin & Parr, Customer No. 001059 
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